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(57) ABSTRACT

A method and apparatus provide for audio frame recovery by
identifying a sequence of lost frames of coded audio data as
being lost or corrupted; identifying a first frame of coded
audio data which immediately preceded the sequence of lost
frames, as having been encoded using a time domain coding
method; identifying a second frame of coded audio data,
which immediately followed the sequence of lost frames of
coded audio data, as having been encoded using a transform
domain coding method; obtaining a pitch delay; generating a
second decoded audio portion of the second frame based on
the second frame; generating a first decoded audio portion of
the second frame based on the pitch delay and decoded audio
samples; and generating a decoded audio output of the second
frame based on a sequential combination of the first and
second decoded audio portions.

9 Claims, 4 Drawing Sheets
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APPARATUS AND METHOD FOR AUDIO
FRAME LOSS RECOVERY

FIELD OF THE INVENTION

The present invention relates generally to audio encoding/
decoding and more specifically to audio frame loss recovery.

BACKGROUND

In the last twenty years microprocessor speed has
increased by several orders of magnitude and Digital Signal
Processors (DSPs) have become ubiquitous. As a result, ithas
become feasible and attractive to transition from analog com-
munication to digital communication. Digital communica-
tion offers the advantage of being able to utilize bandwidth
more efficiently and allows for error correcting techniques to
be used. Thus, by using digital communication, one can send
more information through an allocated spectrum space and
send the information more reliably. Digital communication
can use wireless links (e.g., radio frequency) or physical
network media (e.g., fiber optics, copper networks).

Digital communication can be used for transmitting and
receiving different types of data, such as audio data (e.g.,
speech), video data (e.g., still images or moving images) or
telemetry. For audio communications, various standards have
been developed, and many of those standards rely upon frame
based coding in which, for example, high quality audio is
encoded and decoded using frames (e.g., 20 millisecond
frames). For certain wireless systems, audio coding standards
have evolved that use sequentially mixed time domain coding
and frequency domain coding. Time domain coding is typi-
cally used when the source audio is voice and typically
involves the use of CELP (code excited linear prediction)
based analysis-by-synthesis coding. Frequency domain cod-
ing is typically used for such non-voice sources such as music
and is typically based on quantization of MDCT (modified
discrete cosine transform) coefficients. Frequency domain
coding is also referred to “transform domain coding.” During
transmission, a mixed time domain and transform domain
signal may experience a frame loss. When a device receiving
the signal decodes the signal, the device will encounter the
portion of the signal having the frame loss, and may request
that the transmitter resend the signal. Alternatively, the
receiving device may attempt to recover the lost frame. Frame
loss recovery techniques typically use information from
frames in the signal that occur before and after the lost frame
to construct a replacement frame.

BRIEF DESCRIPTION OF THE DRAWINGS

The features of the invention believed to be novel are set
forth with particularity in the appended claims. The invention
itself however, both as to organization and method of opera-
tion, together with objects and advantages thereof, may be
best understood by reference to the following detailed
description, which describes embodiments of the invention.
The description is meant to be taken in conjunction with the
accompanying drawings in which:

FIG. 1is a block diagram 100 of a communication system,
in accordance with certain embodiments.

FIG. 2 is a timing diagram 200 of a frame coded audio
signal used in the communication system, in accordance with
certain embodiments.

FIGS. 3 and 4 show a flow chart 300 of some steps of a
method for audio frame loss recover used by a device oper-
ating in the communication system of FIG. 1, in accordance
with certain embodiments.
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FIG. 5 shows a timing diagram 500 of a decoded frame
coded audio signal being processed by a device in the com-
munication system of FIG. 1, in accordance with certain
embodiments.

FIGS. 6-8 are flow charts 605, 705, 805, each showing a
step of the method 300 described with reference to FIGS. 3
and 4, in accordance with certain embodiments.

FIG. 9 is a block diagram 900 of a device used in the
communication system 100 described with reference to FIG.
1, in accordance with certain embodiments.

Skilled artisans will appreciate that elements in the figures
are illustrated for simplicity and clarity and have not neces-
sarily been drawn to scale. For example, the dimensions of
some of the elements in the figures may be exaggerated rela-
tive to other elements to help to improve understanding of
embodiments of the present invention.

DETAILED DESCRIPTION

While this invention is susceptible of embodiment in many
different forms, there is shown in the drawings and will herein
be described in detail specific embodiments, with the under-
standing that the present disclosure is to be considered as an
example of the principles of the invention and not intended to
limit the invention to the specific embodiments shown and
described. In the description below, like reference numerals
are used to describe the same, similar or corresponding parts
in the several views of the drawings.

Embodiments described herein relate to decoding coded
audio signals, which results in a digitized (sampled) version
of the source analog audio signal. The signals can be speech
or other audio such as music that are converted to digital
information and communicated by wire or wirelessly.

Referring to FIG. 1, a diagram of a portion of a communi-
cation system 100 is shown, in accordance with certain
embodiments. The portion of the communication system 100
includes an audio source 105, a network 110, and a user
device (also referred to as user equipment, or UE) 120. The
audio source 105 may be one of many types of audio sources,
such as another UE, or a music server, or a media player, or a
personal recorder, or a wired telephone. The network 110 may
be a point to point network or a broadcast network, or a
plurality of such networks coupled together. There may be a
plurality of audio sources and UE’s in the communication
system 100. The UE 120 may be a wired or wireless device. In
one example, the UE 120 is a wireless communication device
(e.g., a cell phone) and the network 110 includes a radio
network station to communicate to the UE 120. In another
example, the network 110 includes an IP network that is
coupled to the UE 120, and the UE 120 comprises a gateway
coupled to a wired telephone. The communication system
100 is capable of communicating audio signals between the
audio source 105 and the UE 120. While embodiments of the
UE 120 described herein are described as being wireless
devices, they may alternatively be wired devices using the
types of coding protocols described herein. Audio from the
audio source 105 is communicated to the UE 120 using an
audio signal that may have different forms during its convey-
ance from the audio source 120 to the UE 120. For example,
the audio signal may be an analog signal at the audio source
that is converted to a digitally sampled audio signal by the
network 110. At the UE 120, the audio signal is received in a
form that uses audio compression encoding techniques that
are optimized for conveying a sequential mixture of voice and
non voice audio in a channel or link that may induce errors.
The voice audio can be effectively compressed by using cer-
tain time domain coding techniques, while music and other
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non-voice audio can be effectively compressed by certain
transform domain encoding (frequency encoding) tech-
niques. In some systems, CELP (code excited linear predic-
tion) based analysis-by-synthesis coding is the time domain
coding technique that is used. The transform domain coding
is typically based on quantization of MDCT (modified dis-
crete cosine transform) coefficients. The audio signal
received at the UE 120 is a mixed audio signal that uses time
domain coding and transform domain coding in a sequential
manner. Although the UE 120 is described as a user device for
the embodiments described herein, in other embodiments it
may be a device not commonly thought of as a user device.
For example, it may be an audio device used for presenting
audio for a movie in a cinema.

The network 110 and UE 120 may communicate in both
directions using a frame based communication protocol,
wherein a sequence of frames is used, each frame having a
duration and being encoded with compression encoding that
is appropriate for the desired audio bandwidth. For example,
analog source audio may be digitally sampled 16000 times
per second and sequences of the digital samples may be used
to generate compression coded frames every 20 milliseconds.
The compression encoding (e.g., CELP and/or MDCT) con-
veys the audio signal in a manner that has an acceptably high
quality using far fewer bits than the quantity of bits resulting
directly from the digital sampling. It will be appreciated that
the frames may include other information such as error miti-
gation information, a sequence number and other metadata,
and the frames may be included within groupings of frames
that may include error mitigation, sequence number, and
metadata for more than one frame. Such frame groups may
be, for example, packets or audio messages. It will be appre-
ciated that in some embodiments, most particularly those
systems that include packet transmission techniques, frames
may not be received sequentially in the order in which they
are transmitted, and in some instances a frame or frames may
be lost.

Some embodiments are designed to handle a mixed audio
signal that changes between voice and non-voice by provid-
ing for changing from time domain coding to transform
domain coding and also from transform domain coding to
time domain coding. When changing from decoding a time
domain portion of the audio signal to decoding a subsequent
transform domain portion of the audio signal, the first frame
that is transform coded is called the transition frame. As used
herein decoding means generating, from the compressed
audio encoded within each frame, a set of audio sample values
that may be used as an input to a digital to analog converter. If
the method that is used for encoding and decoding transform
coded frames following the transition frame (otherwise
referred to herein as the normal method of encoding and
decoding the transform frames) were to be used for encoding
and decoding the transition frame without enhancement, a
gap (the transition gap) would occur between the last audio
sample value generated by the time domain decoding tech-
nique and the first audio sample generated by the transform
decoding technique. There is an initialization delay in the
decoding of a transition frame, which is present because the
synthesis memory for the transform domain frame from the
previous time domain frame is not available in the current
transform domain frame. This results in cessation of output at
the start of the transition frame which results in a gap. The gap
may be filled by generating what may be termed transition
gap filler estimated audio samples and inserting them into the
gap of a coded transition frame. One way to generate the
transition gap fillers is a forward/backward search method
that uses a search process to find two sequential sets (vectors)

20

25

30

40

45

4

of audio sample values of equal length; one vector that pre-
cedes the transition gap and one vector that succeeds the
transition gap; such that when they are combined using a
unique gain value for each vector, minimize a distortion value
of'the combined vector. A length of the two vectors is chosen.
It may be equal to or greater than the transition gap. (a value
greater than the transition gap provides for overlap smoothing
of' samples values that are in an overlap region resulting from
length of the resulting vector being longer than the transition
gap). The values that are varied during the search are the
positions of the vectors that are combined (one within the
time domain frame preceding the transition frame and one
from the transition frame), and the gain used for each vector.
This technique results in a coded transition frame that allows
a decoder to produce quality audio at the transition frame
using a normal transition decoding technique when the tran-
sition frame is correctly received. The normal transition
decoding technique obtains information from received meta
data associated with the transition frame that allows the gains
and positions of the vectors used to generate the transition
vector to be identified, from which the transition vector can be
generated, thereby providing estimated audio sample values
for the transition gap.

Referring to FIG. 2, a timing diagram 200 shows a portion
of'a coded audio signal 200 comprising a sequence of audio
frames that is being received by a device such as UE 120. Five
of the frames in the sequence are identified in the timing
diagram 200. Two frames of time domain coded audio,
frames 205, 210, are followed by three frames of transform
domain coded audio, frames 215, 220, 225. The transition
frame is frame 215. The type of encoding used for each frame
may be identified to the receiving device by metadata that is
sent within or outside of the frame structure of the received
frames, but in the examples described herein, the identifica-
tion is within each of' the received frames. When operating in
an environment in which individual frames are occasionally
not recoverable by the receiving device (which can occur in
both wired and wireless systems due to a variety of channel
disturbances), it is desirable to be able to construct an
approximation of a lost frame (alternatively described as per-
forming a lost frame recovery) that provides acceptable audio
performance rather than request retransmission, because of
the typically long time delay needed to request and receive a
retransmission of the lost frame. In some embodiments, a
sequence of two or more frames may be lost. For convenience
of'the descriptions given herein, the term “sequence” as used
to describe lost frames includes the case of only one lost
frame. Embodiments described herein below provide for
audio recovery in the case when the transition frame is lost or
unusable due to corruption (uncorrectable errors). For con-
ciseness, the term “lost frame” will be used for both the case
when a frame is either not received or incorrectly received.

Referring to FIGS. 3, 4, and 5, a flow chart 300 in FIGS. 3
and 4 shows some steps of a method to perform audio frame
loss recovery in the situation in which a transition frame for
transitioning from a time domain decoding to a transform
domain decoding is unrecoverable in a mixed audio signal.
FIG. 5 shows a timing diagram of the decoded audio frames
that result from the method. Decoded audio frames 505, 510
(FIG. 5) are generated using the time domain decoding
method used for the time domain coded portion of the mixed
audio signal preceding the transition frame 215 of FIG. 2,
with coded frames 205 and 210 (FIG. 2) used as inputs,
respectively, to generate decoded frames 505, 510. At step
305 (FIG. 3), a sequence of one or more lost frames of coded
audio (e.g., frame 505 in FIG. 5 ore.g., frames 505 and 510 in
FIG. 5) is identified as being lost or corrupted. This may be
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accomplished by determined that the sequence numbers in
received frames do not include the sequence numbers of the
lost frames. At step 310 (FIG. 3), the frame of coded audio
210 (FIG. 2) that immediately precedes the sequence of lost
frames (in an example of one lost frame, frame 215 in FIG. 2)
is identified as having been encoded using a time domain
coding method. At step 312 (FIG. 3), the lost frames in the
sequence are replaced using known techniques for replacing
audio samples of lost time domain coded frames. In the
example of two lost frames, the lost frames are frames 210,
215 (FIG. 2), and the audio samples for the lost frames are
replaced by using known techniques for replacing lost time
domain frames, resulting in frames 510, 515 (FIG. 5). At step
315 (FIG. 3), the frame of coded audio 220 (FIG. 2) that
immediately follows the sequence of lost frames is identified
as having been encoded using a transform domain coding
method (i.e., not using time domain nor transition frame
encoding). The last frame 220 (FIG. 2) in the sequence of lost
frames may be any one of the last time domain frame preced-
ing a transition frame or the transition frame or a transform
domain coded frame. A determination may be made at step
316 (FIG. 3) as to whether the frame following the sequence
of lost frames is a transition frame. When it is determined to
be a transition frame, the method continues at step 317 (FIG.
3), wherein the normal transition decoding technique is used,
and finishes at step 345 (FIG. 4) by continuing the decoding
of transform domain frames using the normal transform
domain decoding technique.

Otherwise, at step 325 (FIG. 4), a pitch delay is obtained
from a selected frame or frames that precede or follow the
sequence of replacement frames. The pitch delay is the period
expressed as a quantity of audio samples that represents the
fundamental frequency of voice audio within a frame or
frames. At an 8 Khz sampling rate, typical pitch delays are in
the range of 16-160 samples. The name pitch delay arises
from a mathematical model of voice that includes a filter
having delay characteristics determined by the pitch delay. In
some embodiments a frame is selected that immediately pre-
cedes or immediately follows the sequence of lost frames (in
the example of one lost frame, these are, respectively, coded
frames 210, 220 of FIG. 2. In some embodiments the pitch
delay is typically received as a parameter with each of the
time domain frames, and in some embodiments, with certain
of'the transform domain frames. In the embodiments in which
the pitch delay is received with the time domain frames, the
time domain frame immediately preceding the sequence of
lost frames is selected from which to obtain the pitch delay. In
the example of a sequence of frames that has only one lost
frame (frame 215 of FIG. 2), this is encoded frame 210 (FIG.
2), which becomes decoded frame 510 (FIG. 5).

At step 330 (FIG. 4), a second decoded audio portion 525
(FIG. 5) of the decoded audio output frame 530 (FIG. 5) is
generated as a set of sample values based on the frame 220
(FIG. 2), using normal transform domain decoding tech-
niques for decoding the frame 220 (FIG. 2). As noted above,
using the normal transform domain decoding techniques for
decoding a first transform frame in a sequence of time domain
coded frames following by transform domain coded frames
results in audio sample values only for a portion of the first
transform domain decoded frame, which is this case is the
second portion of decoded audio output frame 530 (FIG. 5),
leaving a transition audio gap at the beginning of the decoded
frame. At step 335 (FIG. 4), a first decoded audio portion 520
(FIG. 5) of an output audio frame 530 (FIG. 5) is generated
based on the pitch delay. The first decoded audio portion 520
(FIG. 5) comprises a set of estimated audio samples, 8, and
may also be described as a transition gap filler 520 (FIG. 5).
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As described in more detail below (in an example with refer-
ence to Equation (1)), the pitch delay may be used to select
from where audio sample values are obtained within certain
decoded audio frames to form the first decoded audio portion
520 (FIG. 5) of decoded audio output frame 530 (FIG. 5). At
step 340 (FIG. 4), the decoded audio output frame 530 (FIG.
5) (also referred herein to as a new transition frame) is gen-
erated by combining the first audio portion 520 (FIG. 5)
sequentially with the second decoded audio portion 525 (FIG.
5). The sequential combination of the first audio portion 520
(FIG. 5) and the second audio portion 525 (FIG. 5) is per-
formed by inserting the first audio portion 520 (FIG. 5) at the
beginning of the decoded output audio frame 530 (FIG. 5),
followed by the second audio portion 525 (FIG. 5). The
method ends at step 345 (FIG. 4) by continuing the decoding
of transform domain frames using the normal transform
domain decoding technique

As described in more detail below, the first and second
portions 520, 525 (FIG. 5) of the decoded output audio frame
530 (FIG. 5) may comprise audio sample values that overlap
in time and for which overlap smoothing techniques are
applied during the sequential combination.

The transition gap filler described in step 335 (FIG. 4) may
be determined using a forward/backward gap filling method,
which is shown as step 605 of FIG. 6 and is expressed as
follows when the sequence of lost frames comprises only one
frame (e.g., frame 220 of FIG. 2):

M

$,(0) is the last sample value of a selected decoded time
domain frame from which the transition gap filler audio
sample values; 5.(i), 0<i<l, are partially derived. §,(0) is the
first sample value of a selected decoded transform frame from
which the transition gap filler audio sample values; 8.(i),
O<i<l, are partially derived. In some embodiments the
selected decoded time domain frame is the last replacement
frame of the sequence of lost frames (e.g., frame 515 of FIG.
5), or in some cases, from the frame preceding the last
replacement frame. Audio samples may be used from the
frame preceding the last replacement frame, for example,
when the pitch delay exceeds the frame length. In some
embodiments, the selected decoded transform domain frame
is the decoded transform frame (e.g., frame 530 of FIG. 5) that
is following immediately after the sequence of lost frames. In
this instance, it will be appreciated that the first decoded audio
portion determined at step 335 (FIG. 4) is determined from
the second decoded audio portion 530 (FIG. 5) determined at
step 330 (FIG. 4), which is shown as step 705 of FIG. 7. The
value 1 is the length of the transition gap filler. The value i is
a decoded audio sample index. Equation (1) relies upon the
sample rates of both the time domain frames and transform
domain frames being equivalent. Index changes may be made
to the above formula in embodiments when the sample rates
are different. T, is a quantity of samples whose total duration
approximates the pitch delay T. The pitch delay T is deter-
mined from a correctly received frame (see step 325 of FIG.
4) and is used as a backward offset (-T)) into the selected
decoded time domain frame. In some embodiments the pitch
delay may be determined from the decoded time domain
frame immediately preceding the last lost frame (in this
example, frame 510 of FIG. 5) or a transform domain frame
(e.g., 530 of FIG. 5). As shown in step 805 of FIG. 8, the pitch
delay may be obtained from the decoded output frame 530
(FIG. 5) in step 325 of FIG. 4 when there are a predetermined
minimum number of lost frames, such as two. The value T, is
used as a forward offset into the selected decoded transform
domain frame. In some embodiments T, is a quantity of

S (D= 8.(-T)+p8,(i+T5); Osi<]
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sample durations that approximates a minimum integral mul-
tiple of the pitch delay that prevents attempted usage of
decoded sample values that would be in the transition gap
(and therefore cannot be determined from the decoded trans-
form domain coded frame 220 (FIG. 2) immediately follow-
ing the lost frame). In some embodiments, the decoded time
domain frame that is selected to be used for deriving the first
portion of the transition gap filler bits is a replacement time
domain frame other than the one immediately preceding the
last lost frame. For example, when the pitch delay exceeds
one frame length, audio samples may taken from the frame
preceding the last replacement frame. A set of samples of
length 1is used from the selected decoded time domain frame,
wherein the position of the selected set of samples is deter-
mined in manner to properly align the offsets of the first and
second portions.

The gains o and f§ are either each preset equal to 0.5, or in
some embodiments one of the gains is preset at a value o that
is other than 0.5 and { is preset to 1-c.. The choice of gains
may be based on the particular types of time domain and
transform domain coding used and other parameters related
to the time domain and transform portions of the audio, such
as the type of the audio in each portion. For example, if the
time domain frame is unvoiced or silent frame then o and
are preset t0 0.0 and 1.0, respectively. In another embodiment
the transition gap filler can be divided into 2 parts of length 1/2
each and in first part o;>f,, and in the second part §,>c.,,
which can be expressed as:

3e1@)=0 8, =T )+ 8,(i+T5); 0si<2 (2a)

3ep()=08,(i-T)+B>8,(i+T5); I2si<l (2b)

In some embodiments the transition gap filler is generated
to be longer than the transition gap (i.e., 1 is longer than the
transition gap caused by decoding a first transform domain
coded frame) in order provide smooth merging with wither
the last frame of the sequence of replacement frames (at the
leading edge of the longer gap filler vector) or the portion of
the decoded transform domain frame that follows the transi-
tion gap (at the trailing edge of the longer gap filler vector), or
both. In one example of providing this smooth merging, the
values of the overlapping samples at an edge are each modi-
fied by a different set of multiplying factors, each set having
a factor for each sample, wherein in one set the factors
increase with an index value and in the other set the factors
decrease with the index value, and for which the sum of the
two factors for every index value is one, and for which the
index spans the overlap at the edge.

Embodiments described herein provide a method of gen-
erating a new decoded time-domain-to-transform-domain
transition audio frame when a coded transition frame is lost,
without knowing the parameters of the lost transition frame.
The decoder does not know that the lost frame was a transition
frame and hence the lost frame is reconstructed using a time
domain frame error reconstruction method. The next good
frame, which is a transform domain frame, becomes a new
transition frame for the decoder. The method is resource
efficient and the new transition frame provides good audio
quality.

FIG. 9 is a block diagram of a device 900 that includes a
receiver/transmitter, in accordance with certain embodi-
ments, and represents a user device such as UE 120 or other
device that processes audio frames such as those described
with reference to FIG. 2 after they are sent over a channel or
link, in accordance with techniques described with reference
to FIGS. 1-7. The device 900 includes one or more processors
905, each of which may include such sub-functions as central
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processing units, cache memory, instruction decoders, just to
name a few. The processors execute program instructions
which could be located within the processors in the form of
programmable read only memory, or may located in a
memory 910 to which the processors 905 are bi-directionally
coupled. The program instructions that are executed include
instructions for performing the methods described with ref-
erence to flow charts 300, 600 and 700. The processors 905
may include input/output interface circuitry and may be
coupled to human interface circuitry 915. The processors 905
are further coupled to at least a receive function, although in
many embodiments, the processors 905 are coupled to a
receive-transmit function 920 that in wireless embodiments is
coupled to a radio antenna 925. In wired embodiments, the
receive-transmit function 920 is a wired receive-transmit
function and the antenna is replaced by one or more wired
couplings. In some embodiments the receive/transmit func-
tion 920 itself comprises one or more processors and memory,
and may also comprise circuits that are unique to input-output
functionality. The device 900 may be a personal communica-
tion device such as a cell phone, a tablet, or a personal com-
puter, or may be any other type of receiving device operating
in a digital audio network. In some embodiments, the device
900 is an LTE (Long Term Evolution) UE (user equipment
that operates in a 3GPP (*"¢ Generation Partnership Project)
network.

Itshould be apparent to those of ordinary skill in the art that
for the methods described herein other steps may be added or
existing steps may be removed, modified or rearranged with-
out departing from the scope of the methods. Also, the meth-
ods are described with respect to the apparatuses described
herein by way of example and not limitation, and the methods
may be used in other systems.

In this document, relational terms such as first and second,
top and bottom, and the like may be used solely to distinguish
one entity or action from another entity or action without
necessarily requiring or implying any actual such relationship
or order between such entities or actions. The terms “com-
prises,” “comprising,” or any other variation thereof, are
intended to cover a non-exclusive inclusion, such that a pro-
cess, method, article, or apparatus that comprises a list of
elements does not include only those elements but may
include other elements not expressly listed or inherent to such
process, method, article, or apparatus. An element preceded
by “comprises . . . a” does not, without more constraints,
preclude the existence of additional identical elements in the
process, method, article, or apparatus that comprises the ele-
ment.

Reference throughout this document to “one embodi-
ment”, “certain embodiments”, “an embodiment” or similar
terms means that a particular feature, structure, or character-
istic described in connection with the embodiment is included
in at least one embodiment of the present invention. Thus, the
appearances of such phrases or in various places throughout
this specification are not necessarily all referring to the same
embodiment. Furthermore, the particular features, structures,
or characteristics may be combined in any suitable manner in
one or more embodiments without limitation.

The term “or” as used herein is to be interpreted as an
inclusive or meaning any one or any combination. Therefore,
“A, B or C” means “any of the following: A; B; C; Aand B; A
and C; B and C; A, B and C”. An exception to this definition
will occur only when a combination of elements, functions,
steps or acts are in some way inherently mutually exclusive.

The processes illustrated in this document, for example
(but not limited to) the method steps described in FIGS. 3, 4,
6, and 7, may be performed using programmed instructions
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contained on a computer readable medium which may be read
by processor of'a CPU. A computer readable medium may be
any tangible medium capable of storing instructions to be
performed by a microprocessor. The medium may be one of
or include one or more of a CD disc, DVD disc, magnetic or
optical disc, tape, and silicon based removable or non-remov-
able memory. The programming instructions may also be
carried in the form of packetized or non-packetized wireline
or wireless transmission signals.

It will be appreciated that some embodiments may com-
prise one or more generic or specialized processors (or “pro-
cessing devices”) such as microprocessors, digital signal pro-
cessors, customized processors and field programmable gate
arrays (FPGAs) and unique stored program instructions (in-
cluding both software and firmware) that control the one or
more processors to implement, in conjunction with certain
non-processor circuits, some, most, or all of the functions of
the methods and/or apparatuses described herein. Alterna-
tively, some, most, or all of these functions could be imple-
mented by a state machine that has no stored program instruc-
tions, or in one or more application specific integrated circuits
(ASICs), in which each function or some combinations of
certain of the functions are implemented as custom logic. Of
course, a combination of the approaches could be used.

Further, it is expected that one of ordinary skill, notwith-
standing possibly significant effort and many design choices
motivated by, for example, available time, current technol-
ogy, and economic considerations, when guided by the con-
cepts and principles disclosed herein will be readily capable
of generating such stored program instructions and ICs with
minimal experimentation.

In the foregoing specification, specific embodiments of the
present invention have been described. However, one of ordi-
nary skill in the art appreciates that various modifications and
changes can be made without departing from the scope of the
present invention as set forth in the claims below. As
examples, in some embodiments some method steps may be
performed in different order than that described, and the
functions described within functional blocks may be arranged
differently (e.g.,). As another example, any specific organi-
zational and access techniques known to those of ordinary
skill in the art may be used for tables. Accordingly, the speci-
fication and figures are to be regarded in an illustrative rather
than a restrictive sense, and all such modifications are
intended to be included within the scope of present invention.
The benefits, advantages, solutions to problems, and any ele-
ment(s) that may cause any benefit, advantage, or solution to
occur or become more pronounced are not to be construed as
a critical, required, or essential features or elements of any or
all the claims. The invention is defined solely by the appended
claims including any amendments made during the pendency
of this application and all equivalents of those claims as
issued.

What is claimed is:

1. A method for processing a sequence of frames of coded
audio data comprising the steps of:

identifying a sequence oflost frames of coded audio data as

being lost or corrupted, wherein the sequence of lost
frames comprises one or more lost frames;

identifying a first frame of coded audio data, which imme-

diately preceded the sequence of lost frames of coded
audio data, as having been encoded using a time domain
coding method;

identifying a second frame of coded audio data, which

immediately followed the sequence of lost frames of
coded audio data, as having been encoded using a trans-
form domain coding method;
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generating replacement audio samples for the sequence of
lost frames based on the first frame of coded data;

obtaining a pitch delay from at least one of the first and
second frames of coded audio data;

generating a second decoded audio portion of the second
frame based on the second frame of coded audio data;

generating a first decoded audio portion of the second
frame based on the pitch delay and at least one of the
second decoded audio portion and the replacement
audio samples; and

generating a decoded audio output of the second frame
based on a sequential combination of the first and second
decoded audio portions,

wherein the first decoded audio portion is determined as

3 (D=8 (=T )-8, (i+T5); 0<+i+],

wherein §, is a vector of length 1 determined as a weighted
sum of decoded audio samples, wherein a first set of
samples §,(i-T,) is weighted by the value O0<=0<=1 and
asecond setof samples §_ (i+T,) is weighted by the value
p=1-a, T, is the pitch delay, T, is an integer multiple of
the pitch delay.

2. The method of claim 1 further comprising:

generating a sequence of replacement audio output frames

forthe sequence oflost frames of coded audio data based
at least on the first frame of coded data.

3. The method of claim 1 wherein the audio samples used
in the determination of the first decoded audio portion com-
prise audio samples from a last replacement frame of the
sequence of lost frames and the second decoded audio por-
tion.

4. An apparatus for decoding an audio signal, comprising:

a receiver for receiving a sequence of frames of coded

audio data; and

a processing system for

identifying a sequence oflost frames of coded audio data
as being lost or corrupted, wherein the sequence of
lost frames comprises one or more lost frames,

identifying a first frame of coded audio data, which
immediately preceded the sequence of lost frames of
coded audio data, as having been encoded using a
time domain coding method,

identifying a second frame of coded audio data, which
immediately followed the sequence of lost frames of
coded audio data, as having been encoded using a
transform domain coding method,

generating replacement audio samples for the sequence
of lost frames based on the first frame of coded data;

obtaining a pitch delay from at least one of the first and
second frames of coded audio data,

generating a second decoded audio portion of the second
frame based on the second frame of coded audio data,

generating a first decoded audio portion of the second
frame based on the pitch delay and at least one of the
second decoded audio portion and the replacement
audio samples, and

generating a decoded audio output of the second frame
based on a sequential combination of the first and
second decoded audio portions,

wherein the processor determines the first decoded audio

portion as

3 (D)= 08, (=T )+B-$,((+15); O<+i+,

wherein §, is a vector of length 1 determined as a weighted
sum of decoded audio samples, wherein a first set of
samples §,(i-T,) is weighted by the value O0<=0<=1 and
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asecond set of samples §_ (i+T,) is weighted by the value
p=1-a, T, is the pitch delay, T, is an integer multiple of
the pitch delay.

5. The apparatus according to claim 4, wherein the proces-
sor is further for:

generating a sequence of replacement audio output frames

forthe sequence oflost frames of coded audio data based
at least on the first frame of coded data.

6. The apparatus according to claim 4, wherein the audio
samples used in the determination of the first decoded audio
portion comprise audio samples from a last replacement
frame of the sequence of lost frames and the second decoded
audio portion.

7. A non-transitory computer readable medium that stores
programming instructions that, when executed on a processor
having hardware associated therewith for receiving an audio
signal, performs processing of a sequence of frames of coded
audio data, comprising:

identifying a sequence oflost frames of coded audio data as

being lost or corrupted, wherein the sequence of lost
frames comprises one or more lost frames;

identifying a first frame of coded audio data, which imme-

diately preceded the sequence of lost frames of coded
audio data, as having been encoded using a time domain
coding method;

identifying a second frame of coded audio data, which

immediately followed the sequence of lost frames of
coded audio data, as having been encoded using a trans-
form domain coding method;

generating replacement audio samples for the sequence of

lost frames based on the first frame of coded data;
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obtaining a pitch delay from at least one of the first and
second frames of coded audio data;

generating a second decoded audio portion of the second
frame based on the second frame of coded audio data;

generating a first decoded audio portion of the second
frame based on the pitch delay and at least one of the
decoded audio portion and the replacement audio
samples; and

generating a decoded audio output of the second frame
based on a sequential combination of the first and second
decoded audio portions,

wherein the first decoded audio portion is determined as

3 ()= 8s(i=T' +PrS(1+15); O<+i+,

wherein §, is a vector of length 1 determined as a weighted
sum of decoded audio samples, wherein a first set of
samples §,(i-T,) is weighted by the value O0<=0<=1 and
asecond set of samples §,(i+7T,) is weighted by the value
p=1-a, T, is the pitch delay, T, is an integer multiple of
the pitch delay.

8. The non-transitory computer readable medium accord-
ing to claim 7, wherein the instructions further perform:

generating a sequence of replacement audio output frames

forthe sequence oflost frames of coded audio data based
at least on the first frame of coded data.

9. The non-transitory computer readable medium accord-
ing to claim 7, wherein the audio samples used in the deter-
mination of the first decoded audio portion comprise audio
samples from a last replacement frame of the sequence of lost
frames and the second decoded audio portion.

#* #* #* #* #*



